Abstract -This work describes the simulation under the Simulink environment of Matlab of an IEEE802.16 complete transmitter/receiver chain. Because of its superior performance the WirelessMAN OFDM 256 PHY layer is the most implemented in WiMAX compliant devices. The first part of the paper concerns the validation of a transmitter model using that PHY layer while the second part of the article deals with a complete transmitter/receiver model proposed. An example with a 20 MHz channel using adaptive modulation is considered and analyzed. This model takes into account several constraints and problem of the standard translation: reducing ambiguity in the standard and providing a reference for compliance testing.
Introduction
The IEEE 802.16 Standards are a family of standards designed to establish interfaces for fixed, portable and even mobile Broadband Wireless Access (BWA) systems. In the first part of this article we describe how we have performed our validation (capture implementation, test) using Simulink. The validation model presented is designed as an interactive Simulink test file. In the second part of the article we present simulations of an entire 802.16 emission/reception chain.
Simulink validating tool
Because of its superior performance in multipath fading wireless channels [6] , the WirelessMAN OFDM 256 PHY layer is the most implemented in WiMAX compliant devices. That is why, the PHY layer we are going to validate is this one. In the rest of the paper we will only talk about this interface.
Unlike many other OFDM-based systems such as 802.11 [7] , the 802.16 standard supports variable bandwidth sizes between 1.25 and 20 MHz. This feature and the support of combined fixed and mobile usage models, require a scalable OFDM signalling protocol.
Although the problem of the translation of the WiMAX standard into a Simulink model is a difficult job, the section 8.3.3 of the 802.16 standard gives some ways to handle the job dividing it into three steps: data randomization, forward error correction (FEC) and interleaving. In order to have a good understanding we include in our model the modulation and the OFDM symbol creation.
Randomization
Randomization is performed by a Pseudo Random Binary Sequence PRBS. The generator polynomial of the PRBS is 1+X 14 +X 15 . Under the Simulink environment the randomization is performed by a PN Sequence Block. The initial state of the PN sequence is given in all test sequences. It is also important to note that a '0x00' tail byte is appended after the randomization
Forward Error Correction
The FEC consists of the concatenation of a Reed-Solomon outer code and a rate compatible convolutional inner code. The support of block and convolutional Turbo Codes are optional. The encoding is performed by first passing the data in block format through the RS encoder and then passing it through a zeroterminating convolutional encoder.
Reed Solomon codes are a subset of Bose, Ray-Chaudhuri, Hocquenghem (BCH) codes and are linear block codes. A Reed-Solomon code is specified as RS(n, k, t). This means that the encoder takes k data symbols and adds parity symbols to make an n symbol codeword. The code rate is Rc= k/n and n-k parity symbols are added. A Reed-Solomon decoder can correct up to t symbols that contain errors in a codeword, where 2t = n-k. This is known as a Systematic code because the data is left unchanged and the parity symbols are appended. The amount of processing "power" required to encode and decode Reed-Solomon codes is related to the number of parity symbols per codeword. A large value of t means that a large number of errors can be corrected but requires more computational power than a small value of t.
The standard states that the Reed-Solomon encoder is derived from a systematic RS(255, 239, 8) code using shortening techniques in order to achieve different rates. Reed-Solomon shortening consists in inserting a number of data symbols zero at the encoder, not transmitting them, and then re-inserting them at the decoder.
A convolutional code is generated by passing the information sequence through a linear finite state shift register. In general the register consists of K stages and n linear algebraic function generators. The parameter K is called the constraint length and the code rate is Rc=1/n.
In our case the data is then encoded by the binary convolutional encoder with a native rate of 1/2, a constraint length equal to 7 and polynomials codes given in octal: G1=171, G2=133. The code is then punctured with a mask in order to achieve the good redundancy. 
Interleaving
The standard defines the interleaver using a pair of permutation:
With N cbps being the number of coded bits per subchannel, N cpc the number of coded bits per carrier.
The first ensures that adjacent coded bits are mapped onto nonadjacent OFDM subcarriers and the second map adjacent coded bits alternately onto less or more significant bits of the constellation. It is important to note that m k and j k are write addresses and intrlv MATLAB function need read addresses. This problem is solved using the sort MATLAB function to obtain the required permutation vector. Once we have the good permutation vector we can use the General interleaver block of the Communication blockset library of Simulink [8] .
This kind of problem is typically a source of errors due to the standard translation, and without the test vectors the implementation wouldn't have been seen in bit error rate (BER) analysis and other system-level tests but it would have produced a non-interoperable device. After bit interleaving, the data bits are passed through the constellation mapper. Four constellations are defined BPSK, Gray mapped QPSK, 16QAM and 64QAM. 64QAM is optional in unlicensed frequency bands. The constellations are normalized with a factor to achieve equal average power.
Modulation and OFDM symbol creation
Once data is correctly mapped the data has to be modulated onto all allocated data subcarriers according to the order of increasing frequency offset index. This job is performed by the FFT block. However before this stage pilot subcarriers should be inserted. A preamble can also be inserted in order to simulate a short frame.
The value of the pilot modulation is generated by a PRBS generator with the generator polynomial 1+X 9 +X 11 . The value is then complemented according to the subcarrier index.
The result of all this succession of operations is a vector of 200 complex numbers, representing amplitude and phase information of the associated subcarrier created by the FFT block.
The validation stage
The validation is performed by passing the test vector into the Matlab environment and then verifying at each step the output of all precedent blocks. Fig.4 shows the validation of our transmitter with the first test vector given by the standard. This first WIMAX test vector is a 35 byte long data vector given in hex notation. This example using the pair modulation/coding QPSK-3/4, doesn't use subchannelisation and all initial states of the Pseudo Random Binary sequence PRBS used are well described. Once we have validated a test sequence we are now going to generate data continuously.
Receiver design
Like most communication standards, 802.16 specifies the signal processing in the transmitter only. This enables manufacturers to have an implementation margin without sacrifying interoperability. Once we have a complete Simulink model of the WiMAX transmitter, we are going to design a standard compliant receiver. The Fig.5 shows the complete model.
Structure of the model
This section is going to describe block by block the structure we have implemented, assumptions we have made and other simplifications we have performed. The generation of random data is now achieved by a random integer generator. The generator creates a fixed frame of 71 bytes with a bit frame time of 12 µs when using a channel bandwidth of 20 Mhz. This time corresponds to the symbol time defined by the 8.3.2.2 section of the standard.
Data Source
If the pair modulation/coding requires a different amount of data the random data is clipped according to the standard. This operation is performed inside the modulation block. The coding, interleaving, and modulation are simulated according to the standard. In particular, each modulator block performs these tasks: convolutional coding and puncturing using code rates of 1/2 and 3/4, data interleaving, BPSK, QPSK and 16-QAM modulation.
Coding, interleaving and modulation
Each pair modulation/coding corresponds to a specific rate. If we keep the same conditions as above rates are summarised in the table 1.
The number of data symbols in each packet has been fixed to four OFDM symbol per frame. Pad bits have been omitted and buffering for frame transmission is performed at the end of the block.
Transmission, channel and equalisation
OFDM transmission uses 200 subcarriers, 8 pilots, 256-point FFTs, and a 16-sample cyclic prefix. The channel block is configurable as a simple AWGN channel or a dispersive multipath fading channel. However for simplicity, we have fixed the transmit power level to 1W.
The receiver equalization is based on a standard frequency-domain equalization. The principle is, in a first step, to find the transfer function of the channel for each subcarrier H( ). This operation is performed by a comparison of well known training sequences. And then multiplying the data by 1/H( ) annihilating phase and gain in the subchannel, considered flat.
Demodulation, deinterleaving and decoding
The demodulation and decoding block perform the inverse operations of modulation and coding. The decoding of the convolutional coding is performed by a Viterbi algorithm.
Also, the simulation model does not model these aspects of the IEEE 802.16 standard: data scrambling, which is unnecessary in this model because the data is random, subchanelisation and time windowing of OFDM symbols 3.2 Test mechanism and validation of the transmitter/receiver chain.
Tests and validation presented in this paragraph were made with a manual selection of Modulation/Demodulation in order to qualify each pair coding modulation.
Test mechanisms
For our experimentation we ran simulation and sent 10 Mbits of data by the Data source described above. The pair modulation/coding has been selected manually and the channel chosen for characterization was an AWGN channel.
For each pair modulation/coding we have performed several measures of the residual BER after correction, varying the SNR. 
Validation of the reception chain
With SNR Rx being the SNR assumption in Table2, F S being sampling frequency Eq(3), N subchannels the number of allocated subchannels.
Our approach is quite the same; since we have fixed our input signal strength to 1W we are going to verify SNR assumptions. The results show that all assumptions aren't verified especially the assumptions made for coding efficiency of 3/4 while pairs using a 1/2 redundancy satisfy easily their assumptions. However it seems that residual BER of 3/4 coded pairs decrease less quickly when the SNR goes down than 1/2 coded.
We can conclude for this first experiment that, apart from some assumptions and simplifications of the model, the receiver can be validated as a 802.16 compliant model. Although the chapter 8.3.11 of the standard gives several other constraints such as maximum input and maximum tolerable signal for the receiver, these parameters aren't modelled since our Simulink blocks are considered ideals. The table 2 presents a comparison between SNR assumed by the Table 2 . Verifying SNR assumptions
Adaptive Modulation
The ability of WiMAX networks to offer a high performance within elevated distance with high spectral efficiency and signal tolerance is based on a strong adaptive modulation mechanism. This first experiment has fixed the border of each pair modulation/coding, now we are going to describe how the switching is done.
Channel quality estimating
Channels with variable signal-to-interference plus noise ratio (SINR) often use, like 802.11 [9] , several adaptive data rate schemes for increasing throughput [10] These variations of SINR due to path loss, fading, or interferences have to be taken into account in order to satisfy the minimum BER fixed by the 802.16 standard. The symbol rate being fixed, the throughput may be varied by changing the bandwidth efficiency (bits/symbol) using a choice of coded modulation schemes. This variation may be assumed or coded systems by fixing the modulation and varying the code rate. Another possibility is to fix the code rate and adapt the constellation size. The last possibility, and it is our case, is to make a combination of the two former possibilities defining pairs modulation/coding and switching between them. It is also important to note that quality measurements are also essential for purposes of handoff and power control
In an OFDM system, the temporal comparison of ideal and corrupted signals can be replaced by comparing the modulation symbols, which is performed in frequency domain. The noise Zn,k for the kth sub-carrier of nth OFDM symbol can be formulated as [11] :
Where Sn,k is the noiseless sample of the received symbol and Hn,k is the channel estimate.
The computation is quite simple for an OFDM system, since a large frequency offset is not likely due to the frequency synchronization requirement of the OFDM system itself.
Under Simulink environment, the signal is received along with noise and interference by the demodulator block. After the demodulation, the ideal signal is remodulated using the same modulation. The complex sum is then computed and passed through the RMS block computing the quality. The figure 7 describe the system The channel quality estimated is then passed through the adaptive mode selection block selecting according to SNR threshold defined above. 
Running the model

Conclusion
The WiMAX wireless network is thought to be used as an access network for the "last mile" and few engineering tools are currently available for this technology. In this work, we have implemented in a first stage a 802.16 compliant transmission chain validated by test vectors described in the standard. In a second stage we have developed a receiver according to advices and constraints of the standard. We have noticed during the implementation that all the conditions weren't observed due to our assumptions and simplification of the Standard. This work has been developed as an engineering tool to design 802.16 standard compliant devices because finally the 802.16 work group, as designers, confronts the challenge of standard translations. The best example is all amendments and corrigenda adopted in the 802.16 standard history. This model can help reducing ambiguity in the standard and providing a reference for compliance testing. In the continuation of this work, we envisage using these results including them in a PHY and MAC layer model. A work using a NS2 model of the 802.16 MAC framing is currently being performed in our laboratory. In a next stage, we aim at validating the Wi-MAX QoS mechanisms in order to assess the performances available for wireless Voice and Telephony over IP.
